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(57) ABSTRACT 

A linearity compensation circuit provides cancellation of 
harmonic distortion introduced by a non-linear system into 

an input signal by providing a separate harmonic correction 
component for each harmonic of a fundamental frequency of 

the input signal. The harmonic correction components are 
summed With a delayed version of the input signal to 
produce a corrected input signal for input to the non-linear 
system. The separate harmonic correction components are 

generated by respective harmonic correction units, each 
having a programmable input ?lter, a Hilbert Transformer 
?lter and a plurality of phase shifters. The output of each 
programmable input ?lter is input to the Hilbert Transformer 
?lter and a compensating delay. The output from the Hilbert 
Transformer ?lter and the delayed version of the ?ltered 
input signal from the compensating delay are input to 
parallel phase shifters, and the respective outputs from the 
phase shifters are multiplied together to produce the separate 
harmonic correction component for each harmonic correc 
tion unit. 

7 Claims, 3 Drawing Sheets 
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LINEARITY COMPENSATION BY 
HARMONIC CANCELLATION 

BACKGROUND OF THE INVENTION 

The present invention relates to linearity error correction, 
and more particularly to a method of linearity compensation 
by canceling harmonics generated in signal processing 
systems, such as analog-to-digital converters (ADCs). 

Distortion is generated by all types of non-linear systems, 
i.e., systems S( ) Where 

Where f(t) and g(t) are tWo signals. If an input to a non-linear 
system is repetitive over a certain period T, then its passage 
through a memory-less non-linear system is also repetitive 
over the same period. Fourier theory requires that: 

a) all repetitive signals of period T may be expressed as 
a sum of a DC offset, a fundamental sine Wave of period T, 
and the harmonics of the fundamental; 

b) the fundamental and harmonics each have an amplitude 
and phase that is uniquely de?ned by the shape of the 
repetitive signal. 
A sine frequency is the reciprocal of its period or cycle time, 
so the fundamental frequency is l/T cycles per second or 
HertZ. A harmonic of a sine Wave of period T is a frequency 
that is an integer multiple of the fundamental frequency so 
the n”1 harmonic has frequency n/T or a period of T/n. 

In mathematical terms a real signal Y(t) that repeats With 
frequency f may be expressed as: 

A(n, f) is the amplitude of the nth harmonic for the funda 
mental frequency and P(n, f) is the corresponding phase. 
Also 27cf=uu in radians/second, the unit of angular frequency, 
so there are 275 radians in a circle or cycle. In realiZable 
systems the passage of high frequencies, and therefore high 
harmonics, is limited. For example analog systems are 
limited by maximum drive current capabilities and capaci 
tive loading so in practice M does not extend to in?nity. A 
repetitive signal may then be de?ned in terms of T and tWo 
?nite sets of M amplitudes {A} and phase 

If the fundamental frequency is applied to the non-linear 
system input, then the output consists of the fundamental 
itself and its various harmonics. As the input has no 
harmonics, the amplitude of each harmonic of the system 
output relative to the amplitude of the fundamental is a 
measure of its harmonic distortion. Spurious Free Dynamic 
Range (SFDR) is a measure of the relative siZe of the largest 
harmonic With respect to the fundamental for a de?ned range 
of pure sine-Wave input frequencies. ADCs usually have a 
much better measured SFDR for specially complicated 
inputs When dither signals are added. 

In some non-linear electronic devices it is possible for a 
time-varying input to modulate itself elseWhere in the 
circuit, producing harmonics directly on the output. The 
“?ngerprint” of self-modulation of a signal is an output With 
very feW discernible harmonics, usually very rapidly dimin 
ishing With harmonic number. This is because each har 
monic n arises from the multiplication of n small signals— 
even the 3rd harmonic can become insigni?cant. For 
example activity on an analog buffer/driver may affect the 
poWer supply, Which in turn modulates subsequent analog 
signal voltages. In multi-stage pipelined analog-to-digital 
converters (ADCs), poWerful buffers may be needed to drive 
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2 
multi-input ?ash ADCs at each stage. Also small difference 
signals are ampli?ed betWeen each stage, so the number of 
harmonics may relate to the number of stages. 

In some cases more than one path may create a given 
harmonic. If the different paths are subject to different 
delays, than a comb response may result. This may appear 
as rapid changes in amplitude of the harmonic as a function 
of input frequency, although much less variation than With 
quantiZation distortion. Combing may make some harmon 
ics very dif?cult to neutraliZe. 

For cancellation of a self-modulated harmonic, consider 
an added error term consisting of a multiplication of a signal 
With itself: 

Y(r)=X(r)+IQ((r)2 

K is assumed to be small. To correct for the error term: 

X(r)~Y(r)-KY(:)2 

For K‘=K, substituting Y(t) into the above equation, expand 
ing and simplifying produces: 

For small K the last tWo terms are even smaller, and the 
approximation is accurate. Similar arguments exist for other 
poWers. 

For exact correction of a large single harmonic due to this 
mechanism, the strict inverse function is obtained from the 
inversion of the series. To generaliZe for the nth poWer: 

Y(l)=X(l)+IQ((l)”=X(l)(1+KX(l)”’1) 

The correction for that poWer may be applied in the form: 

X(t)=Y(t)(1—Correction(n,KY(t)”’1)) 

Where for the n”1 harmonic and an input p: 

Correction(n, p)=-n2k:HR{((nk-1)z(-p)'<)/(((n-1)k+1)z(k-1)z)} 

Convergence of this sum is guaranteed for ?nite integer R if: 

|p|<(n-1)"*1/n" 

and then 

P=KY(l)”’1 

The restriction for |p| alloWs K to be in the range: 

|I<|<{(n_1)/n|Ymax|}n—1(1/n) 
The Correction function for a chosen harmonic may be 
encoded into a correction look-up table With input p, so only 
an additional multiply is required. The subtraction may be 
combined into the look-up table or performed outside the 
table to minimiZe the siZe of the table. 

This solution is not applicable When tWo or more har 
monics exist unless the polynomial is factored into a more 
generaliZed form: 

Each term in this product may be corrected, or factored out, 
by applying the above algorithms sequentially until X(t) 
remains. Unfortunately factorization into the simple real 
terms above is not alWays possible. The above assumes a 
distortion mechanism that can be corrected at each instant in 
time, In general this turns out not to be the case, and a 
different non-linear correction scheme needs to be used. 
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In practice analog circuits have many different distortion 
mechanisms, often involving modulation of the input by 
various small signals With delays and amplitudes that vary 
With frequency. Even for the single sine-Wave input case, the 
amplitude and phase of a particular harmonic distortion With 
respect to the fundamental is usually a function of the input 
frequency, its amplitude and DC offset. An approach taken 
in US. Pat. Nos. 6,344,810, 6,424,275 and 6,570,514 
assumes that each poWer of the input has an associated 
delay. The amplitude and phase of each harmonic is assumed 
to be a function of input frequency: 

D(n,X(t)) is the time delay of the nth harmonic as a function 
of the input X(t), and K(n,X(t)) is noW, unlike K previously 
above, related to the amplitude of the nth harmonic also as 
a function of 
When measuring the phase and amplitude of the harmon 

ics of an output of a non-linear system conforming to the 
above, for small K( ) the folloWing approximation may be 
used to correct each harmonic: 

This approximate inverse Works as long as the measured 
function K‘ is close to the actual K, and D‘ is close to D. 
Considering the even harmonics, the 6th harmonic distortion 
also introduces harmonics at the 4th and 2”d and a DC offset. 
In fact these harmonics are larger than the 6th harmonic for 
Which correction is sought. The poWer function above 
implies a harmonic pro?le: 

Note that the amplitude of the 4”1 harmonic is six times 
larger than the 6th, and the 2”d is 15 times larger. 

The even harmonics may be canceled by ?nding the 
largest even harmonic and calibrating the correct amplitude/ 
phase to cancel it. Then ?nd the residual harmonic in the 
input signal that is tWo loWer and add in the term that also 
is tWo loWer, i.e., the 4th harmonic introduced When cor 
recting the 6th harmonic, While accounting for differences in 
their amplitude and phase. Acos(uut)4 term is then generated 
With its oWn amplitude/gain response to cancel this com 
bined 4th residual harmonic. Both the 4th and 6th harmonic 
corrections introduce 2nd harmonics. A ?nal squaring term 
cancels the result of combining these With any 2” harmonic 
distortion in the input. For any degree of harmonics this 
process may be applied to calibration correction until all 
even harmonics are canceled, and is performed over the 
required input frequency range. A similar method is applied 
to cancel each of the odd harmonics. 

The frequencies used for calibration are chosen to be 
close enough to assume adequately smooth behavior for 
changes in harmonic delay and amplitude over all possible 
frequencies in the desired range. In general evenly spaced 
frequencies make the design of the delay and amplitude 
compensation easier. In practice once the phase, converted 
to delay as D=phase/u), and amplitude corrections for each 
harmonic are obtained, then a set of discrete Fourier Trans 
forms (DFTs) may be used to design a set of ?lter coef? 
cients for each harmonic. For properly chosen, regularly 
spaced calibration frequencies the set of DFTs may be 

ef?ciently implemented as a fast Fourier Transform The ?lter effectively provides a function that delays the input 

X(t) and adjusts its amplitude. Each ?lter is placed before its 
poWer function generator. The ?lter response for the n”1 
harmonic is: 
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The right side of this result becomes: 

P (141(0)) =K(”7X(l)) 1/" 

This represents the amplitude response required of the 
?ltering obtained from the calibrated response K( ) if it is 
placed before the poWer function for each harmonic. 

It is possible to apply the ?ltering directly after the poWer 
function, but in a sampled system the ?lter cannot then 
distinguish betWeen an input frequency and the aliases of the 
harmonics generated by the poWer function that may fold 
back in-band. To obtain unambiguous cancellation, aliasing 
may severely restrict the usable input bandWidth in this case. 
Filtering before each poWer function is very much preferred, 
as aliased harmonics may then be canceled correctly over a 
large input bandWidth. In fact the aliasing mechanism may 
then be ignored in the ?lter design process, as aliased 
frequencies map the same Way in all sampled distortion 
mechanisms. HoWever the calibration algorithm does need 
to calculate Where aliased harmonics lie so that amplitude 
and phase responses may be measured at the correct position 
in the sampled spectrum. 
As part of the calibration process measured delays are 

translated into equivalent ?lter phase shifts. Aphase shift is 
a property of the ?lter coef?cient design, not the sample 
clock frequency. If the clock frequency changes after 
calibration, the phase shift at a frequency corresponds to a 
different actual delay, and compensation does not Work 
correctly. It is important to use ?xed sample rates in linearity 
error compensation systems. The complexity of interaction 
betWeen harmonics in this calibration process makes precise 
harmonic cancellation difficult When higher order harmonics 
are involved, as the ?lters need to be more precise to ensure 
that accurate cancellation occurs. Precise calibration may be 
more dif?cult if noise, quantiZation distortion or self 
aliasing comb-?ltering effects In ADCs are present. 

In real systems mechanisms for generating harmonics 
may be very complex—no single mechanism may be 
responsible. Therefore a harmonic correction mechanism 
may only Work correctly for single sine-Wave inputs. More 
complicated inputs introduce intermodulatlon distortion: 

The ?rst tWo non-DC terms on the right are expected When 
squaring each term separately, but the last tWo terms result 
in sum and difference frequencies. If the model of poWers 
With-delays is correct, then a correctly calibrated cancella 
tion system also reduces intermodulation distortion as the 
cancellation method also introduces intermodulation distor 
tion of the correct phase and amplitude since it uses the same 
polynomial mechanism. 

In practice it is unlikely that a polynomial distortion 
model is the only mechanism. Other mechanisms may 
generate a particular harmonic, so calibration for cancella 
tion of harmonics With single sine-Wave inputs may not 
handle intermodulation distortion correctly in the general 
case. The only Way to correctly cancel intermodulation 
distortion in all cases is if the structure of the distorting 
circuit is understood in great detail. Once the nature of the 
distortions is knoWn, then equivalent delays/?lters/ 
multiplications may be structured to produce “anti 



US 6,911,925 B1 
5 

harmonics” in an equivalent manner to the distorting circuit. 
Subtraction to cancel the harmonics then Works over a much 
Wider range of input conditions. 

Unfortunately the designers of an ADC may not under 
stand all the distortion mechanisms—although they attempt 
to eliminate the major sources of distortion. As the remain 
ing distortions are often at a very loW level, measuring them 
accurately is difficult. The problem With the prior proposed 
solutions is that each harmonic cancellation system gener 
ates loWer order harmonics Which may be larger than the 
corrected value and have to be removed in loWer order 
harmonic correction. 
What is desired is a neW approach to general harmonic 

distortion correction to provide linearity correction, espe 
cially for multi-stage ADCs. 

BRIEF SUMMARY OF THE INVENTION 

Accordingly the present invention provides linearity com 
pensation by harmonic cancellation by generating a separate 
harmonic correction component for each harmonic of a 
fundamental frequency of the input signal Within a fre 
quency range of interest. The harmonic correction compo 
nents are summed With a delayed version of the input signal 
to produce a corrected input signal for input to the non-linear 
system. The separate harmonic correction components are 
generated by respective harmonic correction units, each 
having a programmable input ?lter, a Hilbert Transformer 
?lter and a plurality of phase shifters. The input signal passes 
through the programmable input ?lter ?rst, Which is usually 
a ?nite impulse response (FIR) ?lter, to the input of the 
Hilbert Transformer ?lter and to a compensating delay. The 
output from the Hilbert Transformer ?lter and a delayed 
version of the ?ltered input signal from the compensating 
delay are input to parellel phase shifters, and the respective 
outputs from the phase shifters are multiplied together to 
produce the separate harmonic correction components for 
each harmonic correction unit. 

The objects, advantages and other novel features of the 
present invention are apparent from the folloWing detailed 
description When read in conjunction With the appended 
claims and attached draWing. 

BRIEF DESCRIPTION OF THE SEVERAL 
VIEWS OF THE DRAWING 

FIG. 1 is a top-level block diagram vieW for a linearity 
compensation system according to the present invention. 

FIG. 2 is a block diagram vieW of a harmonic correction 
unit for the linearity compensation system according to the 
present invention. 

FIG. 3 is a block diagram vieW of a phase shift unit for the 
linearity compensation system according to the present 
invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 

Self-modulating harmonic distortion mechanisms are 
based on the formation of a product of delayed versions of 
an input signal Within a nonlinear system, such as a multi 
stage ADC. It is dif?cult to infer the delays on each path of 
the input signal to this system. In the special case Where they 
have the same phase, the above-described harmonic pro?le 
of the prior art is appropriate. In actual systems any com 
bination of phases is possible. In another particular case a set 
of evenly spaced phase relationships produce only the 
desired harmonic. This has the advantage that each harmonic 
may be independently calibrated for cancellation. The dis 
advantage is that some additional processing is involved. 
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6 
The present invention uses the folloWing product over 
evenly spaced phase shifts on the assumption that delays 
map to phase shifts if the sample clock rate is not changed 
betWeen calibration and operation: 

For an input f(t)=sin(u)t) the cos(uut) is generated using a 
Hilbert Transformer H( ) ?lter. The Hilbert Transformer 
?lter is effectively able to phase shift by 31/2 to all input 
frequencies With a target accuracy in its designed input 
frequency range. It does not Work for all possible input 
frequencies, as the ?lter must then be in?nitely long. The 
Hilbert Transformer ?lter is usually implemented as a ?nite 
impulse response (FIR) ?lter, so it is linear and can simul 
taneously phase shift all frequencies on its input by 31/2. For 
an input f(t) the above equation is generaliZed for any input 
to generate the n”1 harmonic output: 

This product may be implemented With a single Hilbert 
Transformer ?lter, as Hilbert Transformer ?lter output H(f 
(t)) is independent of the product loop variable k. In practice 
the input ?ltered f(t) signal is delayed to match the delay 
through the Hilbert Transformer ?lter. The coef?cients cos 
(kn/n) and sin(ks'c/n) scale each of the f(t) and H(f(t)) 
differently for all the values of k, and are added to produce 
the terms in the product. The terms are all then multiplied, 
using n—1 multiplications, to obtain the harmonic correction 
output. 

Such a compensation system 10 is shoWn in FIG. 1 Where 
an input signal f(t)=sin(u)t) is input to a compensating delay 
circuit 12 and respective harmonic correction units 142_M. 
The outputs from the individual harmonic correction units 
142_M and the compensating delay circuit 12 are then input 
to a summer 16 to produce a harmonic corrected signal. 

Looking at an example, the harmonic generator made up 
of the harmonic correction units 142_M for n=3 has the 
folloWing expansion into three product terms: 

To shoW that this result generates a 3rd harmonic, the input 
is set to a single sine Wave at angular frequency w: 

and if the Hilbert Transformer ?lter converts sin(uut) to 
cos(uut), then: 

The folloWing Well-known multi-angle expansions de?ne 
harmonics in terms of poWers of the fundamental: 
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y=LXj is the “?oor” function, returning the greatest integer 
yéx. Evaluating the above for n=3: 

Hm(3,sin(0)t))=sin(30)t) 

This yields the third harmonic angular frequency 300, and no 
other harmonics, directly from the angular frequency w. This 
type of distortion may occur as part of a decomposition of 
non-linearities into polynomials, as discussed above, or 
through self-modulation mechanisms. 

Similar expansions yield structures or algorithms for 
generating any harmonic from a sinusoidal input. As With 
using poWers, harmonics are correctly aliased in sampled 
systems. As With the polynomial system described above, a 
?lter is placed at the input to each harmonic generator, 
alloWing independent calibration of the amplitude and delay 
of each harmonic as a function of input frequency. 

Referring noW to FIG. 2 a harmonic correction unit 14 has 
an input amplitude and phase correction ?lter 18 folloWed 
by a Hilbert Transformer ?lter 20 and in parallel another 
compensating delay circuit 22 to produce S and C (sin and 
cos) signals that are input in parallel to subsequent phase 
shift units 24O_(n_1). The outputs of the phase shift units 
240_(n_1) are provided as harmonic corrected outputs to a 
multiplier 26, the output of Which is the output from the 
harmonic correction unit 14 that is input to the summer 16. 
As shoWn in FIG. 3 each phase shift unit 24 receives the 

S and C inputs in respective scalers 281_2. For the S input the 
scale factor is cos(ks'c/n), and for the C input the scale factor 
is sin(ks'c/n). The scaled S and C outputs are input to phase 
summer 30 to provide the phase shift output from the phase 
shift unit 24 to the multiplier 26. 

The calibration procedure is simpler than for the poWer 
based solubon, as each harmonic is calibrated independently 
of the others. First the amplitude/phase compensation ?lters 
18 are bypassed so that they do not interfere With subsequent 
amplitude/phase measurements. Then the calibration fol 
loWs the steps beloW: 

For each harmonic n for Which non-linear distortion is to 
be corrected: for a set of preferably evenly-spaced calibra 
tion frequencies over a range of interest: 

1) inject a sine Wave of knoWn amplitude and frequency 
through the non-linear system and acquire its output; 

2) simultaneously feed the output of the non-linear system 
into the circuit shoWn in FIG. 2 to generate the nth 
harmonic directly, acquiring it at the same sample times 
as in step (1)—the distortions on the input of the circuit 
are themselves product distortions, but these are 
assumed to be very small relative to the fundamental; 

3) measure the relative amplitude and phase of the n”1 
harmonic generated from steps (1) and (2) through the 
non-linear system. 

The set of amplitude and phase corrections obtained at 
each calibration frequency provide the parameters for cor 
rection after the distortion generating mechanism on the nth 
harmonic. To alloW the ?lter to correct for aliased harmonics 
of the input, the response parameters are modi?ed to apply 
to the nth harmonic amplitude/phase compensation ?lter 18 
before its distortion generator: 

4) convert each relative phase shift into delay (delay= 
phase/angularifrequency) to accommodate moving 
the ?lter in front of the harmonic generator; 

5) take the nth root of the relative amplitude response at 
each frequency; 

6) calibrate the digital input ?lter from the delay and 
amplitude values obtained in steps (4) and (5)— 
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8 
generally the ?lter is an asymmetric ?lter With non 
linear phase, so one design approach is to use an 
iterative FFT algorithm With relaXed constraints out 
side of the input frequency band of interest, hence the 
preference for regularly spaced calibration frequencies; 

7) program the amplitude/phase compensation ?lter 18 for 
the nth harmonic from step (6) and con?gure the 
generated harmonic to subtract it from the delayed 
input, providing the required n”1 harmonic cancellation; 

8) run the cancellation system 10 to cancel harmonics. 
Thus the present invention provides linearity compensa 

tion using harmonic cancellation by generating a separate 
harmonic correction component for each harmonic Within a 
frequency range of interest using Hilbert Transformer ?lters 
and phase shifting, and summing the separate harmonic 
correction components to provide a corrected output. 
What is claimed is: 
1. Alinearity compensation circuit for a non-linear system 

that introduces harmonic distortion into an input signal 
comprising: 
means for generating from the input signal a plurality of 

separate corrected harmonic components using Hilbert 
Transformer ?lters; and 

means for summing the plurality of separate corrected 
harmonic components With a delayed version of the 
input signal to provide a corrected input signal With 
harmonic cancellation of the harmonic distortion. 

2. The linearity compensation circuit as recited in claim 1 
Wherein the generating means comprises a plurality of 
harmonic correction units for harmonics of a fundamental 
frequency of the input signal, each harmonic correction unit 
having the input signal as an input and the respective 
separate corrected harmonic component as an output. 

3. The linearity compensation circuit as recited in claim 2 
Wherein the summing means comprises: 

an input compensating delay circuit having the input 
signal as an input and a delayed input signal as an 
output, the input compensating delay circuit delaying 
the input signal to compensate for the processing time 
of the harmonic correction units; and 

a summer having the separate corrected harmonic com 
ponents and the delayed input signal as inputs and 
having the corrected input signal as an output. 

4. The linearity compensation circuit as recited in claim 2 
Wherein each harmonic correction unit comprises: 

an input ?lter having the input signal as an input and 
providing an amplitude/phase corrected input signal as 
an output; 

a Hilbert Transformer ?lter having the amplitude/phase 
corrected input signal as an input and providing a ?rst 
signal as an output; 

means for delaying the amplitude/phase corrected input 
signal to produce a second signal as an output, the delay 
for the delaying means being equal to the processing 
time of the Hilbert Transformer ?lter; 

means for phase shifting the ?rst and second signals to 
produce a desired harmonic for the harmonic correction 
unit, the phase shifting means providing a plurality of 
separate phase shifted signals; and 

means for multiplying the plurality of separate phase 
shifted signals together to produce the respective sepa 
rate corrected harmonic component. 

5. The linearity compensation circuit as recited in claim 4 
Wherein the phase shifting means comprises a plurality of 
phase shifting units each having as inputs the ?rst and 
second signals and providing as outputs the separate phase 
shifted signals. 
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6. The linearity compensation circuit as recited in claim 5 7. The linearity compensation circuit as recited in claim 6 
wherein each Phase Shifting unit COIIIPTiSeSI Wherein scale factors for the ?rst and second scalers are a 

a ?rst scaler having the ?rst signal as an input and cosine and a sine function respectively, the cosine and sine 
providing a Scaled ?rst Signal 215 an output; functions having the same argument Which is a function of 

a second scaler having the second signal as an input and 5 the desired harmonic for the particular harmonic correction 
providing a scaled second signal as an output; and unit_ 

means for summing the scaled ?rst and second signals to 
produce the respective separate phase shifted signal. 


